8th ISCA Speech Synthesis Workshop • August 31 – September 2, 2013 • Barcelona, Spain

Residual Compensation based on Articulatory Feature-based Phone
Clustering for Hybrid Mandarin Speech Synthesis
Yi-Chin Huang, Chung-Hsien Wu, Shih-Lun Lin
Department of Computer Science and Information Engineering
National Cheng Kung University, Tainan, TAIWAN
ychin.huang@gmail.com, chunghsienwu@gmail.com

Abstract
While speech synthesis based on Hidden Markov Models
(HMMs) has been developed to successfully synthesize stable
and intelligible speech with flexibility and small footprints in
recent years, HMM-based method is still incapable to generate the speech with good quality and high naturalness. In this
study, a hybrid method combining the unit-selection and HMMbased methods is proposed to compensate the residuals between
the feature vectors of the natural phone units and the HMMsynthesized phone units to select better units and improve the
naturalness of the synthesized speech. Articulatory features are
adopted to cluster the phone units with similar articulation to
construct the residual models of phone clusters. One residual
model is characterized for each phone cluster using state-level
linear regression. The candidate phone units of the natural corpus are selected by considering the compensated synthesized
phone units of the same phone cluster, and then an optimal
phone sequence is decided by the spectral features, contextual
articulatory features, and pitch values to generate the synthesized speech with better naturalness. Objective and subjective
evaluations were conducted and the comparison results to the
HMM-based method and the conventional hybrid-based method
confirm the improved performance of the proposed method.
Index Terms: Articulatory Feature, HMM-based TTS, Hybrid
method, Residual Model, Unit Selection

1. Introduction
The performance of speech synthesis for unit selectionbased [1] [2] and statistical method, especially Hidden Markov
Model (HMM)-based methods [3], has been improved considerably in recent years. With its flexibility to convert or adapt the
synthesized speech to different speakers [4], languages [5] [6],
or even emotions [7], the statistical speech synthesis method
generally requires less effort on recording speech utterances
when compared to the unit selection-based method. On the
contrary, even though unit-selection-based synthesis method requires a very large speech database to obtain various instances
of phonetic or prosodic information, the resultant synthesized
speech can have much better voice quality than the statistical
TTS systems. In recent years, many researchers have focused
on combining both methods and developing a hybrid approach
to obtain the synthesized speech with high quality. [8] [9] [10]
The main research interest of the hybrid method is to calculate
the target cost based on the synthesized speech from the statistical synthesis method. Spectral parameters, F0 values, and
duration information are generated from the HMM-based TTS
system as the “targets” for unit selection. Generally, these studies used maximum-likelihood (ML)-estimated HMMs to pre-

dict the targets or calculate the costs between natural phone
units and the corresponding synthesized phone units. In [11], a
hybrid approach called minimum unit-selection error (MUSE)
training was proposed. In this approach, the number of different units between the selected units and natural units define the
loss function. Then, HMM parameters are optimized to minimize the loss function using the generalized probabilistic descent (GPD) method.
In the frameworks of the hybrid systems which combine the
statistical synthesis method and unit-selection-based method,
the linguistic information and the output speech of statisticalbased synthesizer are usually used to further select appropriate
synthesis unit in the unit-selection method. However, the output speech of the statistical-based synthesizer usually tends to
be over-smoothing than the original speech unit. Figure 1 shows
an example of a natural Mandarin phone unit /shu/ and its synthesized unit generated by the HMM-based method with forced
alignment to the natural phone. As the figure shows, there is an
essential difference between the synthesized unit and the natural one because the HMM-based method suffers from the oversmoothing problem due to its statistics nature. Therefore, the
residual between the synthesized speech and the natural speech
should be considered in the hybrid-based method and it could
be used to compensate the synthesized speech for better unit selection. In this study, we investigated the differences between
natural speech and synthesized speech to construct the residual
models based on linguistic and articulatory information of the
phone units, and proposed a novel approach to residual compensation for selecting more suitable speech units for hybrid
Mandarin speech synthesis.
The rest of the paper is organized as follows. The proposed
system framework of hybrid speech synthesis system is introduced in Section 2, consisting of phone clustering based on articulatory features and the resultant average residual model of
each phone cluster. Section 3 consists of Subjective and objective evaluations of the proposed system comparing with the
original HMM-based TTS system. Lastly, concluding remarks
are given in Section 4.

2. System Description
In this section, the proposed hybrid Mandarin speech synthesis
system is introduced. Phone clustering based on the articulatory features, state-based average residual models construction
for compensating the differences between natural speech and
synthesized speech, and the synthesis phase of the Mandarin
speech synthesis system are presented.
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Figure 1: An example of residual MGC coefficient of natural phone /Shu/ and its synthesized one

Table 1: Articulatory Attributes used for Mandarin.
Vowel-related
vowel
Front
Back
High
Medium
Low
Round
Dipthong
A-vowel
E-vowel
I-vowel
O-vowel
U-vowel
R-vowel
Consonant-related
Consonant
Front
Back
Dental
Retroflex
Velar
Plosive
Fricative
Approximant
Lateral
Affricate
Liquid
Labial
Coronal
Mix
Ax
W
Y
Continuant
Nasal
Voiced
Pause
Pause

2.1. Phone Clustering based on Articulatory Features
Articulatory attributes, which are speaker-independent and
language-independent, are useful in speech processing, especially in dealing with pronunciation variation. [12] [13] [14]
Each speech frame can be modeled by a vector in the space
spanned by the articulatory attributes and a speech segment
could be a feature contour in the space of the articulatory attributes. In this research, an artificial neural network (ANN) for
different articulatory attributes is constructed to extract the articulatory features. The input layer consists of nodes for the
static and dynamic mel-general cepstral (MGC) coefficients.
The two-level hidden layers, each consisting of 30 nodes, is
used based on the preliminary experimental results. The nodes
at the output layer represent the posterior probabilities of 35
articulatory attributes in Mandarin speech. The articulatory attributes are listed in Table 1. The output values, which are defined as articulatory features, are the likelihoods of the articulatory attributes.
In this study, the articulatory features of the training data are
extracted and used for phone clustering. Clustering of phones
in the speech corpus, based on the similarity of acoustic features rather than linguistic features, is performed. In this case,
we can further investigate the relationship between the natural
speech and its corresponding synthesized speech in the same
cluster. The procedure is described as follows. First, the phone
identity and phone duration are considered and can be used to
investigate the distributions of articulatory features occur in the
same phone cluster with similar speaking rate. Then, the K-
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means clustering method based on the Euclidean distance of
articulatory features between phones is adopted.
Finally, the phone clusters obtained based on articulatory
features are obtained, and the number of phones in each cluster
is set to be smaller than 30 based on the experimental results.
2.2. Average Residual Models
The research goal in this study is to compensate the residual between the natural and the synthesized speech, and use the compensated synthesized speech to select appropriate units for natural speech synthesis. To investigate the relationship between
natural phones and synthesized phones in the same phone cluster, we trained the HMM-based synthesis models using the same
speech corpus for phone clustering, and then the synthesized
speech is aligned to the original natural speech based on the
state information. In this way, we can calculate the differences
of MGC coefficients between each phone pair of natural and
synthesized phones at the state level. Linear interpolation is
adopted to normalize the difference of phone length. For each
cluster, the differences of states are then used to calculate the
regression line to represent the average residual model of each
state for the phone cluster.
To validate the effectiveness of the average residual model
for each cluster, the Mean Cepstral Distance (MCD) is used to
evaluate whether the compensated synthesized speech is more
similar to the natural speech with respect to cepstral distance.
The MCD is calculated below:
M CD =

N −1
1 ∑
(yn − ỹn )2
N n=0

(1)

where N is the total number of MGC feature vectors. yn and ỹn
denote the natural and the compensated feature vectors. The average residual model is aligned to the synthesized speech based
on state information. The results show that 90.9% of the synthesized phones achieved smaller MCD when the average residual
model is used for compensation, and the total MCD decreased
for the inside test. This result shows that the proposed residual model is useful to alleviate the over-smoothing problem between natural and synthesized speech.
2.2.1. Synthesis Phase
There are two parts in the synthesis phase. In the first part, the
synthesized phone unit are compensated by the average residual
models, as Fig. 2 shows. In the second part, the compensated
synthesized units are used to expand similar synthesis units of
natural speech for selecting suitable units to generate the speech
with larger dynamic range of acoustic features.
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ui−1 and candidate units ui . The number of phone units of
the target speech is n. In this study, the target cost considers
both the linguistic information and articulatory features, which
are used to cluster the phone units, so the concatenation cost is
used to select the target phone units from these candidate phone
units. The concatenation cost is defined as:

Figure 2: The average residual compensation of the proposed
hybrid TTS system.
In the synthesis phase, the linguistic and the articulatory
features of the input text and synthesized speech are extracted
by a text analyzer and the pre-trained ANN, respectively. Here,
the linguistic information used only consists of phone identity
and phone duration for expanding the candidate units with similar linguistic information and articulatory features. After selecting some phone units in the natural corpus based on linguistic
information for the i-th synthesized phone unit Syni , the articulatory features are extracted and then adopted to find suitable
pre-trained phone clusters Cij , and j = 1, ..., J. The synthesis units of these selected phone clusters are potential candidate
units for selection to synthesize the speech output. To select
suitable units among them, the average residual model Rij of
the cluster Cij is used to compensate the difference between the
feature vectors of the HMM-based synthesized speech and the
mean of phone units in the cluster.
The second part of the synthesis phase is to expand the
candidate phone units based on the compensated feature vector
of the synthesized unit since it becomes a more reliable criterion to select suitable natural phones for speech synthesis. The
most similar k phone units uki in the cluster are selected as the
candidate phone units of natural speech for the following optimal phone sequence selection. The dynamic programming algorithm is applied to select the most suitable phone sequence
of the target speech. In this study, there are three factors considered to calculate the cost in the dynamic programming algorithm: conventional cepstral distance, articulatory feature of
nearby frames, and the pitch value. The distance measure based
on unit-selection method is used as the selection criterion considering the three factors, which are described as follows:
n
C (tn
1 , u1 ) =

n
∑
i=1

C t (ti , ui ) +

n
∑

C c (ui−1 , ui )

(2)

i=2

where C t (ti , ui ) is the target cost between target unit ti and
candidate units ui , and j is the index of the target phone unit.
C c (ui−1 , ui ) is the concatenation cost between candidate unit

C c (ui−1 , ui ) = w · d˜s (ui−1 , ui ) + (1 − w) · d˜a (ui−1 , ui )
(3)
where d˜s (ui−1 , ui ) is the normalized Euclidean cepstral distance between the boundary frames of the candidate phone unit
ui−1 and ui . d˜a (ui−1 , ui ) is the normalized articulatory feature of the nearby frames of the current unit. Normalization
of the range to lie between 0 to 1 is performed using min-max
normalization method. The original d˜a (ui−1 , ui ) is defined as
follows:
)
1(
2
2
+
da (ui−1 , ui ) =
AFi − AFi−1
+ AFi−1 − AFi−
2
(4)
where AFi−1 is the articulatory feature of the last frame of the
+
candidate phone unit ui−1 , while AFi−1
is the articulatory feature of the next frame of the last frame of phone unit ui−1 in
its original speech utterance. Similarly, AFi is the articulatory
feature of the first frame of the candidate phone unit ui , and
AFi− is the articulatory feature of the previous frame of the
first frame of phone unit ui in its original speech utterance. The
contextual information of the articulatory feature should be useful for selecting suitable unit in which their nearby frames have
similar articulatory features. The linear combination weight w
is adopted for combining these two distance measures.
Besides the two distance measures, the pitch value of the
candidate unit is also considered because the prosodic information is an important factor for perceiving natural speech. The
global intonations of prosodic patterns are calculated and clustered based on the number of syllables in the prosodic phrase
and the position of the prosodic phrase in the utterance. When
selecting the phone unit, its mean pitch value should not exceed
the threshold of the global intonation of the prosodic phrase.
Finally, the speech output for the input text is synthesized from
the feature vectors of the selected phone units using the MLSA
filter.

3. Evaluation
3.1. Speech Data Collection and Experimental Setup
The phonetically balanced sentences from the TsingHuaCorpus of Speech Synthesis (TH-CoSS) [15] were used for
training the general HMM-based synthesis models [16]. The
context-dependent phone labels are constructed automatically
based on the linguistic features extracted from the database. For
Mandarin speech, 107 phone units (including pause) were selected to construct a Mandarin HMM-based TTS system [17].
Each Mandarin syllable consists of two vowel phone units and
one optional consonant phone unit. The sampling rate of the
speech signals is 16kHz and the smoothed spectral coefficients
were extracted using the STRAIGHT algorithm. A 5-state
left-to-right HMM is adopted to model the acoustic features.
The HMM-based Mandarin TTS system was trained using the
speech data from a female speaker, including 5, 406 utterances
with 98, 749 syllables. The HMMs are used to generate the
same 5, 406 sentences for calculating the residual models of
phone clusters.
For phone clustering based on articulatory features, a total
of 5, 406 sentences uttered by the female speakers were used.
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Phone unit clustering based on the phone identity and articulatory features is used for clustering all phones in the training
corpus. After clustering, the residual model of each cluster is
calculated by firstly aligning the synthesized phone unit to natural phone unit in the same utterances, and linear interpolation is
used to make sure that each state of phone unit in the same cluster has the same length to calculate the average residual model.
The differences between natural phone and synthesized phone
are calculated and the linear regression of the average differences of each state are then calculated. Finally, the average
residual models can be obtained for each phone cluster.
In order to evaluate the performance of the proposed hybrid
Mandarin TTS system, experiments were conducted based on
three different systems:
1. Conventional HMM-based TTS system [17];

Figure 3: Speech quality comparison results of MOS test.

2. Conventional Hybrid TTS system based on linguistic information and spectral distance;
3. Proposed Hybrid TTS system with residual compensation.
The only difference between the second and the third systems is the use of the average residual model.
3.2. Subjective Evaluations of Speech Quality and Naturalness
For subjective evaluation of speech quality, 5-point Mean Opinion Score (MOS) subjective evaluation was conducted to evaluate the effectiveness of the proposed method and the methods
for comparison.
There were 20 speech utterances, selected from the daily
newspapers, synthesized by the proposed method and the two
methods for comparison. Ten native Mandarin subjects were
invited to participate in the evaluation. The participants were
asked to score the speech quality for each utterance.
The ABX preference test was also conducted to compare
the naturalness of the synthesized speech. Subjects were presented some natural utterances of the target speaker as the references of natural speech, and then two synthesized utterances
of the comparing methods were presented. Subjects were asked
to select which synthesized speech is more natural.
The results of MOS evaluation are shown in Fig. 3. The
proposed method achieved better scores compared to that of the
HMM-based method significantly (p-value is 0.0013), and has
similar performance to the conventional hybrid system. From
the feedback of subjects, the speech quality and dynamic range
of the two hybrid-based systems is much better than the HMMbased system. Fig. 4 shows the results of two ABX evaluations:
one is to compare the proposed system to the HMM-based system, and the other is to compare the proposed system to the
conventional hybrid system. The first comparison shows that
the naturalness of the proposed system is much higher than the
HMM-based method, and the generated speech is much similar
to the natural speech. In the second comparison, the preference
score between two hybrid systems is not statistically significant
(p-value is 0.079), which means the performance of naturalness of both systems is similar. However, there are discontinuities in some utterances generated from the conventional hybrid
system, while the proposed method rarely happens. From the
analysis of the phenomenon, the proposed method alleviates the
discontinuity problem by the expanded candidate units, which
have better articulatory features or pitch values for concatenation than the conventional hybrid system.
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Figure 4: ABX test result of speech naturalness.

4. Conclusions
In this study, a hybrid method, which combines the unitselection and the HMM-based method, is proposed to compensate the residuals between the feature vectors of the natural
phone units and the HMM-synthesized phone units. Articulatory features are adopted to cluster the phone units with similar
articulation to construct the residual models of phone clusters.
The average residual model is modeled by the state-level linear regression models. With the residual model, the difference
between natural speech and synthesized speech can be alleviated, and can be more reliable to select suitable phone units for
speech synthesis with larger dynamic range and higher speech
quality. The contextual information of articulatory feature is
also helpful for selecting an optimal phone sequence from the
candidate phone units. The results of subjective evaluation
show that the proposed method achieved better performance
than the HMM-based synthesizer with respect to the speech
quality and naturalness. Comparing with the conventional hybrid system, the proposed system has similar performance of
speech quality and naturalness. However, discontinuities of the
synthesized speech for the conventional hybrid-based system
are worse than that for the proposed system.
Future work will be focused on constructing a more precise residual model to compensate the residual and considering
dynamic features of the constructed feature vectors for further
improvement of speech quality and naturalness.
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